Abstract-We propose an effective adaptive null-forming scheme for two nearby microphones in endfire orientation that are used in digital hearing aids and in many other hearing devices. This adaptive null-forming scheme is mainly based on an adaptive combination of two fixed polar patterns that act to make the null of the combined polar pattern of the system output always be toward the direction of the noise. The adaptive combination of these two fixed polar patterns is accomplished by simply updating an adaptive gain following the output of the first polar pattern unit. The value of this gain is updated by minimizing the power of the system output, and related adaptive algorithms to update this gain are also given in this paper. We have implemented this proposed system on the basis of a programmable DSP chip and performed various tests. Theoretical analyses and testing results demonstrated the effectiveness of the proposed system and the accuracy of its implementation.
I. INTRODUCTION

H
EARING devices with directionality make use of the direction difference between the target signal and the noise. There are two types of directional devices: one with fixed directionality (or, say, with the fixed polar pattern) [1] - [4] and the other with adaptive directionality that can track the varying or moving noise sources [5] - [8] . Many techniques have been used to achieve directionality in both fixed mode and adaptive mode [3] , [7] , [9] , [10] . However, most of these techniques can be neither immediately employed nor implemented in instruments such as hearing aids because of the limit of hardware size, the number and distance of microphones, computational speed, mismatch of microphones, power supply, and other practical factors relating to these hearing instruments [7] , [11] , [12] .
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Publisher Item Identifier S 1053-587X(02)05634-9. For example, in common hearing aids such as behind-the-ear aids, there can be only two microphones, and the distance between these two microphones is only about 10 mm [13] .
The most common technique in use in hearing aids is a directional microphone or a dual-omnimicrophone system with some fixed polar patterns, as shown in Fig. 1 . The directional system in Fig. 1 can provide different polar patterns by selecting different values of delay . By way of example, Fig. 2 shows three polar patterns with the value of delay being 0, , and , respectively, where is the distance between the two microphones, and is the sound speed. The direction directly in front of the hearing-aid wearer is represented as 0 , whereas 180 represents the direction directly behind the wearer. The thick line stands for the gain as a function of direction of the sound arrival where the gain from any given direction is represented by the distance from the center of the circle. These three polar patterns are called bidirectional pattern (with null at 90 and 270 ), hypercardioid pattern (with null at 110 and 250 ), and cardioid pattern (with null at 180 ), respectively. Obviously, the cardioid system attenuates sound the most from directly behind the wearer, whereas the bidirectional system attenuates sound the most from directly to the left and to the right of the wearer. In different listening environments, users select one of these three polar patterns using control buttons to achieve the best noise reduction performance, given the specific listening environment. However, for time-varying and moving-noise environments, this fixed directional system delivers degraded performance and therefore, the system with adaptive directionality is highly desirable.
For a system with two nearby microphones in endfire orientation, the direct way to achieve adaptive directionality is to adaptively change the delay of the system in Fig. 1 so that its value is equal to the transmission delay value of the noise between the two microphones. From a performance and complexity point of view, the key problem in this method is in effectively estimating the delay value of the noise when noise and the target speech are both present. Another problem related to this method is how to implement this delay unit in real time since this delay is usually a fractional sample delay. For example, if the sampling rate is 16 000 Hz, one sample interval is 62.5 s, but the largest transmission delay value of the noise between the two microphones is and about 29.1 s with mm. In the scheme of Fig. 1 with fixed mode, this fractional-sample delay is usually implemented during the A/D stage by processing that is similar to an up-sampling-shift method [13] . In the adaptive mode, the up-sampling-shift method is no longer suitable, and the adaptive implementation of a fractional-sample delay is instead accomplished by adaptively updating the coefficients of a specific filter (ideally, an all-pass filter with linear phase) [14] . These problems prevent this idea from being of practical value in a hardware implementation.
On the basis of these problems, this paper proposes a more practical and effective adaptive directionality system for hearing devices with two nearby endfire orientation microphones. This adaptive directionality system is based mainly on an adaptive combination of two fixed polar patterns that are arranged to make the null of the combined polar pattern of the system output always be toward the direction of the noise. The null of one of these two fixed polar patterns is at 0 (straight ahead of the subject) and the other's null is at 180 . Both polar patterns are cardioid. The first fixed polar pattern can be implemented by delaying the front microphone signal with the value being and subtracting it from the rear microphone signal. Likewise, the second polar pattern is implemented by delaying the rear microphone signal with the value being and subtracting it from the front microphone signal. The adaptive combination of these two fixed polar patterns is accomplished by adding an adaptive gain following the output of the first polar pattern. Different gain values will provide the combined polar pattern with nulls at different degrees. The value of this gain is updated by minimizing the power of the system output. Related adaptive algorithms to update this gain are given in this paper. The hardware implementation of this proposed system has been completed and tested. The test results demonstrated the accuracy and effectiveness of the proposed scheme.
It should be noted that for systems with two nearby microphones, there have been also some very effective algorithms such as the scheme proposed by Vanden Berghe and Wouters [11] and the scheme proposed by Elko and Pong [15] . In comparison with the two-stage scheme in [11] , our proposed system and algorithm are very simple because ours requires only an adaptive gain (one-tap adaptive filter).
As a matter of fact, the structure of Fig. 3 in this paper is the same as that of Fig. 2 in [15] , and this paper presents some sim- Fig. 3 . Schematic of the proposed adaptive null-forming system. ilar discussions concerning the algorithms, implementations, and tests, as in [15] , although we did our work independently. In comparison with [15] , the major contributions of this paper could be summarized as follows.
1) The unique mapping relationship between the time delay and the adaptive gain for forming a null is established in our paper. 2) We prove that this unique relationship between the time delay and the adaptive gain is independent of frequency for the related configurations.
3) The entire shape of the polar pattern resulting from changing the adaptive gain has been proved to be exactly the same as the entire shape of the polar pattern resulting from changing the time delay. 4) The optimum gain value and related adaptive algorithms are derived in the case where the target signal and noise are both present and the corresponding system has been proved to provide the maximal signal-to-noise ratio (SNR). The rest of this paper is organized as follows. Section II presents the proposed scheme and makes related theoretical analyses. Hardware implementation of this proposed scheme is dealt with in Section III. Section IV will give various test results demonstrating the effectiveness and accuracy of the proposed scheme. In Section V, we will give some conclusions.
II. PROPOSED ADAPTIVE NULL-FORMING SYSTEM
The proposed scheme is shown in Fig. 3 , where the received signals at the front microphone and the rear microphone are and , respectively. delay unit in two channels; output of the system; adaptive gain; output of the adaptive gain processing unit. From the scheme of Fig. 1 , it can be easily seen that the polar pattern of is cardioid with the null at 180 ; likewise, the polar pattern of is cardioid but the null is at 0 . The polar pattern of the whole system output is a combination of and and determined by the gain . The relationship of the null of the system output with the gain is as follows: (1) where is the frequency of the signal, and is the angle of the null along the line between the two microphones. To prove (2) where is the angle of the source along the line between the two microphones. It should be noted that all right-side terms of (2) should be multiplied by a variable , which is the signal received in the front microphone. However, could be considered as 1 for the sake of simplicity using the front microphone as a reference channel. From (2), we can obtain the output power of the proposed system as (3) Furthermore, using the related trigonometric identities yields
The null at the polar pattern means that the output power at this direction, that is, we have
Rearranging the above equation yields (1) and concludes the proof of (1). Because , we will consider only the interval in the following, realizing that all related conclusions apply also to the interval . It can been seen from (1) that for all frequencies, if , then ; if , then . This result can also be obtained directly from Fig. 3 because means , the polar pattern of is the same as that of , and because means that and will be identical and will make be zero when the signal comes from 90 . Except for these two special cases, (1) shows that the relationship between the null and the gain depends on the frequency of the signal. However, with the approximation for the frequency range of interests as used for obtaining the polar pattern of the scheme in Fig. 1, (1) can be approximated as (4) This result means that the relationship between the null and the gain will be independent of the frequency. In effect, the difference between (1) and (4) is very small, especially when is in the range from 90 to 180 . The lower the frequency, the smaller this difference will be. To illustrate this, Table I shows a set of results with mm and at frequencies 500 Hz, 1000 (4) with the result (dashed line) of (1) at 6000 Hz frequency.
Hz, 2000 Hz, 4000 Hz, 6000 Hz, and 8000 Hz, respectively. For further illustrations, Fig. 4 compares the results of (1) and (4) at 6 kHz frequency. From (4), we also have
for (5) This shows that the relationship between the null and the gain is a monotonic function. In other words, given a gain , we can get the unique null for all frequency ranges of interest.
Previously, we have discussed the relationship of the polarpattern null of the system output with the gain . Now, we will investigate the shape of the whole polar pattern. Before this, we first present the relationship of the output power of the fixed system in Fig. 1 against the angle using the approximation as follows [1] .
Similarly, the output power of the proposed system can be approximated from (3) as (7) A comparison of (6) with (7) shows that these two systems will provide exactly the same polar pattern with mapping relationship (8) For example, if we choose , 0.4903, and 0, respectively, then the corresponding delay equals 0, , and , respectively, according to (8) , and these two systems will provide the bidirectional, hypercardioid, and cardioid polar patterns, respectively, as shown in Fig. 2 . In effect, the corresponding null can also be obtained from (4) or Table I .
These results suggest that the polar-pattern null of the system output for all frequencies can be moved by simply updating the gain value and keeping the shape of the polar pattern the same as that of the scheme in Fig. 1 with the corresponding delay value determined by (8) .
Next, we show how to adaptively update the gain value so that the corresponding null can always be toward the noise instead of toward the target signal in the case where the target signal and noise are both present. In this case, we have (9) (10) (11) (12) (13) (14) where and are the desired signal part and the noise part in the front microphone, respectively, and is the delay of the noise transmission from the front microphone to the rear microphone. In the above, we also assume that the desired signal comes straight ahead, that is, its angle is at 0 . By substituting (9) and (10) into (12), we get (15) that is, contains only the noise part. This property shows that minimizing the power of is equivalent to minimizing the power of the noise part contained in the output because the target signal and the noise are not correlated. The optimal gain that minimizes the power of : (16) can be obtained by (17) where , , and are the power of , the cross-correlation of and , and the power of , respectively [16] . Moreover, the objective function (16) is a quadratic function with unique minimization point . On the basis of all the above properties, we can conclude that the null of the system , which is determined by minimizing the system output power (16) or determined by (17), will always be toward the direction of the noise when the target signal and the noise are both present. Now, the problem becomes how to adaptively update the optimization gain , given the samples of and [as obtained by (11) and (12), respectively] rather than the cross-correlation and the power . We discuss this problem in Section III together with other issues of the hardware implementation of the system.
III. IMPLEMENTATION OF THE PROPOSED ADAPTIVE NULL-FORMING SYSTEM
Having the sample of and , we can obtain the optimized gain using any available adaptive algorithms, such as the LMS, NLMS, LS, or RLS algorithm, because (16) is a typical quadratic optimization problem with only one coefficient. The fact that only one coefficient need be calculated makes related adaptive algorithms very simple and makes the real-time hardware implementation of the proposed system possible.
The LMS version for getting the adaptive gain can be written as (18) where is a step parameter that is positive constant less than , and is the power of the input . For better performance and faster convergence speed, can also be time varying (as used by the normalized LMS algorithm [16] ). Based on this, an algorithm with varying-step can be obtained:
where is a positive constant less than 2, and is the estimated power of . Equations (18) and (19) are suitable for the sample-by-sample adaptive mode. However, in our hardware implementation of this proposed scheme, we use the frame-by-frame adaptive mode because of other processing in hearing aids is also based on the frame-by-frame mode. With this mode, the following steps are used to calculate the adaptive gain [16] . First, we estimate the cross-correlation between and and the power of at the th frame by
respectively, where is the number of all samples in a frame and equals 56 in our implementation. Second, and of (17) are replaced with the estimated and , and then, the estimated adaptive gain is obtained by (17).
We have implemented this proposed scheme in one programmable (assembly code) DSP chip together with other necessary processing such as A/D and D/A. Other practical factors considered in our hardware implementation include the following.
1) In this proposed scheme, the two microphones are assumed to have the same frequency response. However, this is not the case since in real-world devices, these two microphones are always mismatched. In order to overcome this problem, we first measure the frequency responses of the two microphones, and we then design and add a matching filter at the rear channel on the basis of the measured mismatch. From our measurements, a first-order IIR filter can compensate well for the mismatch and can make and have the desired cardioid polar pattern with null at 180 and 0 , respectively. Fig. 5 presents an example related to matching filter de- sign where the upper curve is the measured mismatch between the front and rear microphones, the bottom curve is the frequency response of the designed matching filter, and the middle curve is the frequency response difference of the two channels after matching. 2) In order to get a better estimate and make the frame-byframe processing smoother, we estimate the cross-correlation between and and the power of by 3) The null of the total system output would be at degree less than 90 (that is, in the front hemisphere) when the absolute value of the gain is larger than 1. This has the potential of canceling the target signal in the front hemisphere. To avoid this problem, we limit the dynamic range of the gain to the range 1 to 1. This limit is also convenient for the hardware implementation because in hardware implementation, all digital values are in the range from 1 to 1. 4) In the hardware implementation of this proposed system, the total program memory usage is 129 words, the processing time is 0.32 ms, the propagation delay is 0.04 ms, and the current is 38 A, which shows that the power cost of this scheme is very small.
IV. TESTING RESULTS
With the DSP code to implement this algorithm being completed and being pulled to GN ReSound behind-the-ear (BTE) devices, we made extensive tests to verify the algorithm and its implementation. This kind of device used GN ReSound's own DSP chip and related platform (operation systems and assembly languages). In these tests, a Knowles EM 4346 microphone and a Knowles EM 3356 microphone were put in the endfire config- In order to get the polar patterns, we changed the angle between the device and speaker at each 10 by turning the device, which is easier and more accurate than by moving the speaker. With this setup, 36 sets of data with all frequencies from 200 Hz to 8000 Hz, corresponding to 36 positions (angles) of the device, can be obtained. These 36 sets of data were used to obtain the polar patterns in combination with our polar-pattern generation software. The main testing can be summarized as follows.
1) The polar patterns of and were measured to verify that they were the desired fixed polar patterns, that is, that the polar pattern of was cardioid with the null at 180 and that the polar pattern of was cardioid with the null at 0 . Fig. 6 shows the measured polar pattern of and . It should be noted that the polar pattern of was measured by reversing the position of the two microphones, and hence, its measured polar pattern should be the same as the measured one of . 2) With a given specific value of the adaptive gain, the polar pattern of the system output was measured to see if the null of the polar pattern and the given value of the gain met the unique relationship given in (4) and Table I . Two examples are shown in Fig. 7 with values of the gain being 0.2174 and 0.4903, respectively. 3) A source (the target signal) was set straight ahead (0 ), and another source (the noise) was set at specific degree (toward which the null of the proposed adaptive system should be) to see if the gain value obtained by the adaptive algorithm [(17), (22), and (23)] met the relationship (4) and Table I . As a matter of fact, when we measured each polar pattern, we moved the second source from 0 to 360 successively, as mentioned above. With this measurement method, the measured polar pattern obtained by the proposed adaptive null-forming system is shown in Fig. 8 . This pattern results because the null of the system should always be toward the degree of this moving source. Note that we limit the gain value to the range from 1 to zero. 4) A speaker with pure-tone sound (the target signal) was set at 0 and a wide band noise with adjustable frequency bandwidth and sound pressure level was set at different angels. The angles of the noise source were changed, and then, the outputs of (omni-directionality), (fixed cardioid directionality), and (adaptive directionality) were measured to further see the performance improvement of the proposed adaptive system over the fixed system of Fig. 1 . Moreover, in order to see how this scheme function under real-world conditions, we have also devised the hearing in noise test (HINT). The HINT was utilized to assess speech understanding of sentences at threshold level under varying noise conditions. The HINT was an adaptive procedure whereby the masker (uninterrupted speech-shaped noise) remained at 65 dBA and the speech signal (sentences) level varied. The sentences were delivered at 0 azimuth, and the noise was delivered at 1) 90 and 270 ; 2) 180 ; 3) 90, 180, and 270 ; simultaneously. Subjects were tested in three different conditions:
1) omni-directional system; 2) fixed directionality system in Fig. 1; 3) proposed adaptive directionality system. All these tests showed that there was more mean benefit over the omni-directional system for the proposed adaptive directionality system than for the fixed directional system in Fig. 1 .
V. CONCLUSIONS
In this paper, we propose an effective adaptive null-forming scheme for two nearby microphones in endfire orientation and deal with its implementation and tests. The null can be adaptively moved by simply changing a gain value instead of changing a fractional-sample delay value. We presented and proved the unique mapping relationship between the null and the gain value, and we discussed related adaptive algorithms for updating the gain. The null corresponding to the gain obtained by the given adaptive algorithm can be guaranteed to be always toward the noise source in the case where the target signal and the noise are both present. Because only a gain calculation is involved in the adaptive algorithm, the computational complexity is low, which makes the proposed scheme realizable in hardware implementation. Theoretical analyses and various tests demonstrated the effectiveness of the proposed system. As a result, this proposed scheme can serve as a new and practical tool for noise reduction and signal enhancement in many hearing devices. China, 1993) . He has also written more than 80 articles in journals and conferences. As a principal investigator, he has proposed and conducted more than 20 research and industry projects in signal and data processing with various applications and their implementation. His inventions on the spectral contrast enhancement and adaptive microphone array system have been successfully used and implemented in hearing aid products, and significant performance improvements have been achieved.
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